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(54) METHOD AND APPARATUS FOR EXPANDING BAND OF AUDIO SIGNAL 



(57) A low-pass filter (1 ) of over-sampling type over- 
samples an input digital audio signal T1 and filters and 
removes the low frequency components of the produced 
aliasing noise. A spectrum analyzercircuit (3) calculates 
the spectrum intensity of a predetermined band of the 
output signal from the low-pass filter (1). An expanded 
signal generating circuit (5) generates an expanded sig- 



nal having frequency borfiponents of the output signal 
from the low-pass filter (1 ). A level control circuit (4) con- 
trols the level of the expanded signal according to the 
spectrum analyzercircuit (3). An adder (2) adds the lev- 
el-controlled expanded signal to the output signal from 
the low-pass filter (1 ) thereby to generate a digital audio 
signal T2. 
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Description 

TECHNICAL FIELD 

[0001] The present invention relates to a method and 
an apparatus for expanding a band of an audio signal, 
capable of reproducing an audio signal pleasant to the 
human ear by improving the quality of a reproduced 
sound of an audio signal reproduced by audio equip- 
ment, in particular, the quality of a reproduced sound of 
high audio frequencies. More particularty, the present 
invention relates to a method and an apparatus for ex- 
panding a band of an input audio signal by performing 
digital processing for the input audio signal. 

BACKGROUND ART 

[0002] The Japanese patent laid-open publication No. 
9-36685 discloses an audio signal reproducing appara- 
tus of the prior art for combining an analog audio repro- 
duced signal with a signal having a frequency spectrum 
exceeding the highest audio frequency of a reproduction 
frequency band or the highest limit of the high audio fre- 
quency of an audible frequency band. A configuration 
of the audio signal reproducing apparatus is shown in 
Fig. 1 7. Referring to Fig. 17, the audio signal reproduc- 
ing apparatus is constituted by comprising a buffer am- 
plifier 91 , a filter circuit 92, an amplifier 93, a detector 
circuit 94, a time constant circuit 95, a noise generator 
96, a filter circuit 97, a multiplier 98 and an adder 99. 
[0003] First of all, an audio signal is inputted to the 
buffer amplifier 91 to an input terminal T1 , and then, is 
divided into two audio signals. One divided audio signal 
is inputted directly to the adder 99, whereas another di- 
vided audio signal is inputted to the filter circuit 92 which 
is of a high-pass filter or a band-pass filter. The filter cir- 
cuit 92 band-pass-filters only a specific-band signal of 
the input audio signal, allows the signal to pass through 
the filter circuit 92, and then, outputs the same signal to 
the amplifier 93. The amplifier 93 amplifies the input au- 
dio signal to a predetermined appropriate level and 
then, outputs the amplified signal to the detector circuit 
94 having the time constant circuit 95. The detector cir- 
cuit 94 detects an envelope level of the audio signal by, 
for example, envelope detection of the input audio sig- 
nal. Then, the detector circuit 94 outputs a level signal 
indicative of the detected envelope level to the multiplier 
98 as a level control signal for controlling a level of a 
noise component to be added to the original audio sig- 
nal. 

[0004] On the other hand, a noise component gener- 
ated by the noise generator 96 is inputted to the filter 
circuit 97 which is of a high-pass filter or a band-pass 
filter. The filter circuit 97 allows passage of a noise com- 
ponent of a frequency band of 20 kHz or more, and then, 
outputs the noise component to the multiplier 98. The 
multiplier 98 multiplies the input noise component by the 
level control signal from the detector circuit 94, gener- 



ates a noise component having a level proportional to 
the level indicated by the level control signal, and then, 
outputs the generated noise component to the adder 99. 
[0005] Furthermore, the adder 99 adds the noise 

5 component from the multiplier 98 to the original audio 
signal from the buffer amplifier 91, generates the audio 
signal having the added noise component, and then, 
outputs the audio signal through an output terminal T2. 
In this case, a time constant of the time constant circuit 

10 95 is selected so as to have a predetermined value, and 
this leads to adapting the noise component generated 
by the noise generator 96 to characteristics of the hu- 
man sense of hearing and thus enhancing an effect of 
improving sound quality of the audio signal. 

15 [0006] As described above, a high-frequency range is 
expanded by adding random noise proportional to an 
output level of high audio frequencies of the original au- 
dio signal to the original audio signal. However the 
above-mentioned audio signal reproducing apparatus 

20 of the prior art has the following problems. 

(1 ) The sound is unpleasant to the ear on the quality 
of sound since a spectral structure of a high-fre- 
quency signal of an additional noise component is 

25 different from that of a musical sound signal. 

(2) Since the audio signal reproducing apparatus of 
the prior art comprises an analog circuit, the appa- 
ratus has the following problems. That is, the per- 
formance of the apparatus changes due to varia- 

30 tions in parts of the analog circuit and temperature 
properties. Consequently, deterioration in sound 
quality occurs each time when an audio signal pass- 
es through the analog circuit. Moreover, improve- 
ment in precision of the filter circuit constituting the 
35 analog circuit causes an increase in the scale of the 
filter circuit and thus an increase in the manufactur- 
ing cost. 

(3) Further, when a signal having a single spectrum 
such as a sinusoidal wave is inputted to the appa- 

"io ratus, a random noise component is added to the 
signal. Therefore, the measurement of signal char- 
acteristics results in marked deterioration in the sig- 
nal characteristics. 



[0007] It is an essential object of the present invention 
to solve the above-mentioned problems, and provide a 
method and an apparatus for expanding a band of an 
audio signal, which eliminate the unpleasantness of a 
sound, cause no deterioration in sound quality, cause 
little variation in performance of the apparatus, and re- 
duce manufacturing cost as compared to the prior art. 
[0008] It is another object of the present invention to 
solve the above-mentioned problems, and provide a 
method and an apparatus for expanding a band of an 
audio signal, in which the measurement of signal char- 
acteristics does not result in deterioration in a signal 
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even if a sinusoidal signal is inputted to the apparatus. 
[0009] According to the present invention, there is 
provided a method for expanding a band of an audio 
signal including the steps of: 

oversampling a digital audio signal of a first band 
having a predetermined maximum frequency with a 
sampling frequency that is two or more times the 
maximum frequency, and low-pass-filtering an 
oversampled digital audio signal so as to eliminate 
aliasing noise caused by the oversampling, and out- 
putting a low-pass-ftltered digital audio signal; 
calculating a spectrum intensity of a predetermined 
band of the low-pass-filtered digital audio signal, 
and outputting a signal indicating the calculated 
spectmm intensity; 

generating an expanded signal having frequency 
components of a second band higher than the first 
band; 

controlling a level of the expanded signal in re- 
sponse to the signal indicating the calculated spec- 
trum intensity; and 

adding the expanded signal having the controlled 
level to the low-pass-fittered digital audio signal, 
and outputting a digital audio signal of addition re- 
sult. 

[0010] In the above-mentioned method, the step of 
generating the expanded signal preferably includes the 
steps of: 

distorting the digital audio signal by performing non- 
linearprocessing on the low-pass-filtered digital au- 
dio signal with a non-linear input and output char- 
acteristic, and generating a digital signal having 
higher harmonic components of the digital audio 
signal; and 

high-pass-filtering at least frequency components 
equal to or higher than the second band, from the 
digital signal having the higher harmonic compo- 
nents, and outputting a high-pass-filtered signal as 
an expanded signal. 

[0011] In the above-mentioned method, the step of 
generating the expanded signal preferably includes the 
steps of: 

generating a dither signal having a predetermined 
probability distribution for an amplitude level; and 
high-pass-filtering at least frequency components 
equal to or higher than the second band, from the 
dither signal, and outputting a high-pass-filtered 
signal as an expanded signal. 

[0012] In the above-mentioned method, the step of 
generating the expanded signal preferably Includes the 
steps of: 



distorting the digital audio signal by performing non- 
linear processing on the low-pass-filtered digital au- 
dio signal with a non-linear input and output char- 
acteristic, and generating a digital signal having 
5 higher harmonic components of the digital audio 

signal; 

high-pass-filtering at least frequency components 
equal to or higher than the second band, from the 
digital signal having the higher hanrjonic compo- 

10 nents, and outputting a high-pass-filtered signal; 

generating a dither signal having a predetermined 
probability distribution for an amplitude level; 
htgh-pass-filtering at least frequency components 
equal to or higher than the second band from the 

15 dither signal, and outputting a high-pass-filtered 
signal; and 

adding the two high-pass-filtered signals, and out- 
putting a signal of addition result as an expanded 
signal. 

20 

[001 3] The above-mentioned method preferably fur- 
ther includes the step of low-pass-filtering the expanded 
signal with a filter characteristic that is either one of a 
predetermined 1/f characteristic and a predetennined 
25 1 /f2 characteristic, prior to the step of controlling the lev- 
el. 

[0014] In the above-mentioned method, the step of 
generating the dither signal preferably Includes: 

30 a plurality of steps of generating a plurality of pseu- 
do noise sequence noise signals independent of 
each other, respectively; and 
a step of adding the plurality of pseudo noise se- 
quence noise signals, generating a dither signal of 
35 addition result having a probability density of either 
one of a Gaussian distribution and a bell-shaped 
distribution for an amplitude level, and outputting 
the dither signal as an expanded signal. 

40 [0015] The above-mentioned method preferably fur- 
ther includes the steps of: 

calculating spectrum intensities of a plurality of pre- 
determined bands of the low-pass-filtered digital 
45 audio signal, and judging whether or not the digital 
audio signal has a single spectrum in accordance 
with the calculated spectrum intensities of the plu- 
rality of bands; and 

switching over so as to output the expanded signal 
50 when judging that the digital audio signal does not 
have any single spectrum, and switching over so as 
not to output the expanded signal when judging that 
the digital audio signal has a single spectrum. 

55 [0016] According to the present Invention, there is 
provided an apparatus for expanding a band of an audio 
signal comprising: 
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filtering means for oversampling a digital audio sig- 
nal of a first band having a predetermined maximum 
frequency with a sampling frequency that is two or 
more times the maximum frequency, and low-pass- 
filtering the oversampled digital audio signal so as 
to eliminate aliasing noise caused by the oversam- 
pling, and outputting a low-pass-filtered digital au- 
dio signal; 

first spectrum analyzing means for calculating a 
spectrum intensity of a predetermined band of the 
low-pass-ftltered digital audio signal outputted from 
the filtering means, and outputting a signal indicat- 
ing the calculated spectrum intensity; 
expanded signal generating means for generating 
an expanded signal having frequency components 
of a second band higher than the first band; 
level controlling means for controlling a level of the 
expanded signal in response to the signal indicating 
the calculated spectrum intensity outputted from the 
first spectrum analyzing means; and 
first adding means for adding the expanded signal 
whose level is controlled by the level controlling 
means to the digital audio signal outputted from the 
filtering means, and outputting a digital audio signal 
of addition result. 

[0017] in the above-mentioned apparatus, the ex- 
panded signal generating means preferably comprises: 

non-linear processing means, having a non-linear 
input and output characteristic, for distorting the dig- 
ital audio signal by performing non-linear process- 
ing on the digital audio signal outputted from the fil- 
tering means, and generating a digital signal having 
higher harmonic components of the digital audio 
signal; and 

a first high-pass filter for high -pass -filtering at least 
frequency components equal to or higher than the 
second band, from the digital signal having the high- 
er harmonic components outputted from the non- 
linear processing means, and outputting a high- 
pass-fittered signal as an expanded signal. 

[0018] In the above-mentioned apparatus, the ex- 
panded signal generating means preferably comprises: 

dither signal generating means for generating a 
dither signal having a predetermined probability dis- 
tribution for an amplitude level; and 
a second high-pass filter for high-pass-filtering at 
least frequency components equal to or higher than 
the second band, from the dither signal outputted 
from the dither signal generating means, and out- 
putting a high-pass-filtered signal as an expanded 
signal. 

[0019] In the above-mentioned apparatus, the ex- 
panded signal generating means preferably comprises: 



non-linear processing means, having a non linear 
input and output characteristic, for distorting the dig- 
ital audio signal by performing non-linear process- 
ing on the digital audio signal outputted from the fil- 
tering means, and generating a digital signal having 
higher harmonic components of the digital audio 
signal; 

a first high-pass filter for high-pass-filtering at least 
frequency components equal to or higher than the 
second band, from the digital signal having the high- 
er harmonic components outputted from the non- 
linear processing means, and outputting a high- 
pass -filtered signal; 

dither signal generating means for generating a 
dither signal having a predetermined probability dis- 
tribution for an amplitude level; 
a second high-pass filter for high-pass-filtering at 
least frequency components equal to or higher than 
the second band, from the dither signal outputted 
from the dither signal generating means, and out- 
putting a high-pass-filtered signal; and 
second adding means for adding the signal output- 
ted from the first high-pass filter to the signal out- 
putted from the second high-pass filter, and output- 
ting a signal of addition result as an expanded sig- 
nal. 

[0020] The above-mentioned apparatus preferably 
further comprises a low-pass filter, having a filter char- 
acteristic that Is either one of a predetemiined 1/f char- 
acteristic and a predetermined l/f^ characteristic, for 
low-pass-filtering the expanded signal, and outputting a 
low-pass-filtered signal to the level controlling means. 
[0021] In the above-mentioned apparatus, the dither 
signal generating means preferably comprises: 

a plurality of noise signal generating circuits for gen- 
erating a plurality of pseudo noise sequence noise 
signals independerit of each other, respectively; 
and 

third adding means for adding a plurality of pseudo 
noise sequence noise signals generated by the 
noise signal generating circuits, generating a dither 
signal of addition result having a probability density 
of either one of a Gaussian distribution and a bell- 
shaped distribution for an amplitude level, and out- 
putting the dither signal as an expanded signal. 

[0022] The above-mentioned apparatus preferably 
further comprises: 

second spectrum analyzing means for calculating 
spectrum intensities of a plurality of predetennined 
bands of the digital audio signal outputted from the 
filtering means, and judging whether or not the dig- 
ital audio signal has a single spectrum in accord- 
ance with the calculated spectrum intensities of the 
plurality of bands; and 
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switching means over for switching so as to output 
the expanded signal to the first adding means when 
the second spectrum analyzing means judges that 
the digital audio signal does not have any single 
spectrum, and switching over so as not to output 
the expanded signal to the first adding means when 
the second spectrum analyzing means judges that 
the digital audio signal has a single spectrum. 

[0023] Therefore, according to the present invention, 
the apparatus for expanding the band of the audio signal 
is constituted by a digital signal processing circuit com- 
prising the filtering means, the first adding means, the 
first spectrum analyzing means, the level controlling 
means and the expanded signal generating means. 
Therefore, the present invention can provide a method 
and an apparatus for expanding the band of the audio 
signal, which cause little variation in performance of the 
apparatus and reduce the manufacturing cost as com- 
pared to the prior art. 

[0024] Moreover, the level of addition of an expanded 
signal is controlled in accordance with the high-frequen- 
cy spectrum intensity of an input digital audio signal from 
the first spectrum analyzing means. Furthemiore, the 
expanded signal passed through the low-pass filter hav- 
ing either one of a 1/f characteristic and character- 
istic is used. Therefore, the expanded signal having a 
natural sound close to a musical sound signal can be 
added to the input signal. Accordingly, there is no un- 
pleasantness of a sound and no deterioration in sound 
quality. 

[0025] Furthermore, the present invention comprises 
the second spectrum analyzing means and the switch- 
ing means, and therefore, the present invention can pro- 
vide a method and an apparatus for expanding a band 
of an audio signal, in which the measurement of signal 
characteristics does not result in deterioration in a signal 
even If a sinusoidal signal is inputted to the apparatus. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0026] 

Fig. 1 is a block diagram showing a configuration of 
an audio signal band expanding apparatus accord- 
ing to a first preferred embodiment of the present 
invention; 

Fig. 2 Is a block diagram showing an internal con- 
figuration of an oversampling type low-pass filter 1 
shown in Fig. 1 ; 

Fig. 3 is a signal waveform chart of the operation of 
an oversampling circuit 31 shown in Fig. 2; 
Fig. 4 is a block diagram showing an internal con- 
figuration of a spectrum analyzer circuit 3 shown in 
Fig. 1; 

Fig. 5 is a block diagram showing an internal con- 
figuration of a non -linear processing circuit 21 
shown in Fig. 1; 



Fig. 6 is a block diagram showing an internal con- 
figuration of a dither signal generating circuit 23 
shown in Fig. 1 ; 

Fig. 7 is a block diagram showing an internal con- 
figuration of PN-sequence noise signal generating 
circuits 60-n (n = 1 , 2, N) shown in Fig. 6; 
Fig. 8 is a graph showing a function of a probability 
density for an amplitude level of a white noise signal 
generated by an example of the PN-sequence 

noise signal generating circuits 60-n (n = 1 , 2 N) 

shown in Fig. 7; 

Fig. 9 is a graph showing a function of a probability 
density for an amplitude level of a bell-shaped dis- 
tribution type noise signal generated by another ex- 
ample of the PN-sequence noise signal generating 
circuits 60-n (n = 1,2, N) shown in Fig. 7; 
Fig. 1 0 is a graph showing a function of a probability 
density for an amplitude level of a Gaussian distri- 
bution type noise signal generated by still another 
example of the PN-sequence noise signal generat- 
ing circuits 60-n (n = 1 , 2, N) shown in Fig. 7; 
Fig. 11 is a spectrum graph showing frequency 
characteristics of a 1/f characteristic filter 26 shown 
in Fig. 1; 

Fig. 12 is a spectrum graph showing frequency 
characteristics of a 1/f2 characteristic filter replacing 
the 1/f characteristic filter 26 shown in Fig. 1 ; 
Fig. 13 is a block diagram showing a configuration 
of an audio signal band expanding apparatus ac- 
cording to a second preferred embodiment of the 
present invention; 

Fig. 1 4 is a block diagram showing an internal con- 
figuration of a spectrum analyzer circuit 6 shown in 
Fig. 13; 

Fig. 1 5 is a spectrum graph showing a spectrum in- 
tensity of an input digital signal inputted to the audio 
signal band expanding apparatus shown in Fig. 13; 
Fig. 1 6 is a spectrum graph showing a spectrum in- 
tensity of the digital signal whose band is expanded 
by the audio signal band expanding apparatus 
shown in Fig. 13; and 

Fig. 1 7 is a block diagram showing a configuration 
of an audio signal band expanding apparatus ac- 
cording to the prior art. 

BEST MODE FOR CARRYING OUT THE INVENTION 

FIRST PREFERRED EMBODIMENT 

[0027] Fig. 1 is a block diagram showing a configura- 
tion of an audio signal band expanding apparatus ac- 
cording to a first preferred embodiment of the present 
invention. The audio signal band expanding apparatus 
according to the first preferred embodiment is a digital 
signal processing circuit to be interposed between an 
input temriinal T1 and an output tenninal T2, and is con- 
stituted by comprising an oversampling type low-pass 
filter 1 , an adder 2, a spectrum analyzer circuit 3, a level 
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control circuit 4 composed of a multiplier 1 1 , and an ex- 
panded signal generating circuit 5. The expanded signal 
generating circuit 5 is constituted by comprising a non- 
linear processing circuit 21 , a high-pass filter 22, a dither 
signal generating circuit 23, a high-pass filter 24, an 
adder 25, and a 1/f characteristic filter 26. 
[0028] Referring to Fig. 1 , a digital audio signal is in- 
putted to the oversampling type low-pass filter 1 through 
the input terminal T1 . The digital audio signal is a signal 
reproduced from a compact disc (CD), for example. In 
this case, the signal has a sampling frequency fs of 44. 1 
kHz and a word length of 1 6 bits. The oversampling type 
low-pass filter 1 is constituted by comprising an over- 
sampling circuit 31 and a digital low -pass filter 32, as 
shown in Fig. 2, and is a digital filter circuit for multiplying 
the sampling frequency fs of the digital audio signal in- 
putted through the input terminal T1 by p (where p de- 
notes a positive integer equal to or greater than 2) and 
for attenuating, by 60 dB or more, signals of an unnec- 
essary band ranging from a frequency of fs/2 to a fre- 
quency of p-fs/2. 

[0029] For example, in the case of p = 2, the digital 
audio signal having the sampling frequency fs (or a sam- 
pling period Ts = 1/fs) is inputted to the oversampling 
circuit 31, and the oversampling circuit 31 inserts and 
interpolates zero data D2 at the Intermediate point (on 
the time axis) located between two adjacent data D1 of 
the Input digital audio signal at an interval of the sam- 
pling period Ts, as shown in Fig. 3. Thus, the oversam- 
pling circuit 31 performs a oversampling process, so as 
to convert the signal into a digital audio signal having a 
sampling frequency of 2fs (or a sampling period of Ts/ 
2), and then, outputs the digital audio signal to the digital 
low-pass filter 32. The digital low-pass filter 32 has the 
followings: 

(a) a pass-band of frequencies from 0 to 0.45fs; 

(b) a stop band of frequencies from 0.54fs to fs; and 

(c) an attenuation of 60 dB or more at the frequency 
fs or higher frequencies. 

[0030] The digital low-pass filter 32 iow-pass-f liters 
the input digital audio signal, to limit the band so as to 
eliminate aliasing noise caused by the above-men- 
tioned oversampling, and allows passage of only an ef- 
fective band (having frequencies from 0 to 0.45fs) that 
is substantially possessed by the input digital audio sig- 
nal, then outputtlng signals of the effective band to the 
spectrum analyzer circuit 3 and the non-linear process- 
ing circuit 21 of the expanded signal generating circuit 5. 
[0031] Subsequently, the non-linear processing cir- 
cuit 21 having a non-linear input and output character- 
istic performs a non-linear processing on the input digital 
audio signal, and this leads to distorting the digital audio 
signal so as to generate higher harmonic components. 
Then, the non-linear processing circuit 21 outputs the 
digital audio signal having the higher harmonic compo- 
nents to the digital high-pass filter 22. The non-linear 



processing circuit 21 is constituted by comprising an ab- 
solute value calculating circuit 51 and a DC offset re- 
moving circuit 52, as shown in Fig. 5, for example. The 
DC offset removing circuit 52 is constituted by compris- 
5 ing a subtracter 53, an averaging circuit 54, and a 1/2 
multiplier 55. 

[0032] The absolute value calculating circuit 51 per- 
forms non-linear processing such as full-wave rectifica- 
tion on the input digital audio signal, and then, outputs 
the digital audio signal subjected to non-linear process- 
ing, to the subtracter 53 and the averaging circuit 54 of 
the DC offset removing circuit 52. The absolute value 
calculating circuit 51 outputs a signal having positive 
amplitude as it is, and the absolute value calculating cir- 
cuit 51 converts a signal having negative amplitude into 
a signal having positive amplitude having the same ab- 
solute value as the absolute value of the negative am- 
plitude, and then, outputs the signal having the positive 
amplitude. Therefore, the signal having the negative 
amplitude generates the higher harmonic components 
when the signal is folded to the positive side on a bound- 
ary of zero level. The averaging circuit 54 is constituted 
by comprising a low-pass filter having a cut-off frequen- 
cy of, for example, about 0.0001 fs, which is extremely 
lower than the sampling frequency fs. The averaging cir- 
cuit 54 calculates a temporal average value of the am- 
plitudes of the input digital audio signal for a predeter- 
mined time interval (e.g., a time interval that is sufficient- 
ly longer than the sampling period Ts). Then, the aver- 
aging circuit 54 outputs the digital signal having the tem- 
poral average value to the 1/2 multiplier 55. Then, the 
1/2 multiplier 55 multiplies the input digital signal by 1/2, 
and then, outputs the digital signal having a value of mul- 
tiplication result to the subtracter 53 as the digital signal 
indicating an amount of DC offset. Furthermore, the sub- 
tracter 53 subtracts the digital signal outputted from the 
1/2 multiplier 55 from the digital audio signal outputted 
from the absolute value calculating circuit 51 so as to 
remove DC offset. 

[0033] The digital signal inputted through the input ter- 
minal T1 is a signal having a reference of the zero level. 
The digital signals outputted from the circuits shown in 
Fig. 1 and the digital signal outputted through the output 
terminal T2 also need the zero level as the reference. 
Although the digital signal inputted to the non-linear 
processing circuit 21 Is a signal having a reference of 
the zero level, the DC offset is generated since the dig- 
ital signal is converted into a positive-level signal by the 
absolute value calculating circuit 51 for performing non- 
linear processing. Therefore, the averaging circuit 54 
calculates the average value of the amplitudes of the 
digital signal outputted from the absolute value calculat- 
ing circuit 51 , and the subtracter 53 subtracts one half 
of the absolute value from the digital signal outputted 
from the absolute value calculating circuit 51 , so as to 
remove the DC offset 

[0034] Then, the digital signal containing the higher 
harmonic components generated by the non-linear 
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processing circuit 21 using the level of the input digital 
audio signal as the reference is inputted to the digital 
high-pass filter 22 as shown in Fig. 1 . The digital high- 
pass filter 22 high-pass-filters the input digital signal to 
allow passage of only high-frequency components of 5 
about the frequency fs/2 or higher frequencies. Then, 
the digital high-pass filter 22 outputs the high-frequency 
components to the adder 25. 

[0035] The dither signal generating circuit 23 shown 
in Fig. 1 has a band of frequencies from 0 to p-fs/2, and io 
generates a digital audio signal having an amplitude lev- 
el at random relative to the time axis, namely, generates 
a dither signal in no correlation with the digital audio sig- 
nal inputted through the input terminal T1 . Then, the 
dither signal generating circuit 23 outputs the dither sig- is 
nal to the digital high-pass filter 24. Subsequently, the 
digital high-pass filter 24 high-pass-filters the input dith- 
er signal so as to allow passage of only the high-fre- 
quency components of about the frequency fs/2 or high- 
er frequencies. Then, the digital high-pass filter 24 out- 20 
puts the high-frequency components to the adder 25. 
[0036] The dither signal generating circuit 23 is spe- 
cifically configured as shown in Fig. 6, for example. Re- 
ferring to Fig. 6, the dither signal generating circuit 23 
is constituted by comprising a plurality of N pseudo 
noise sequence noise signal generating circuits (here- 
inafter referred to as PN-sequence noise signal gener- 
ating circuits) 60-n (n = 1, 2, N), an adder 61, a gen- 
erator 63 for generating a constant signal for removing 
DC offset, and a subtracter 64. The PN-sequence noise 30 
signal generating circuits 60-n have initial values inde- 
pendent of each other. For example, each of the PN- 
sequence noise signal generating circuits 60-n gener- 
ates an M-sequence noise signal, i.e., a pseudo noise 
signal having a unifomn random amplitude level, and 35 
then, outputs the pseudo noise signal to the adder 61 . 
Subsequently, the adder 61 adds a plurality of N pseudo 
noise signals outputted from a plurality of PN-sequence 
noise signal generating circuits 60-1 to 60-N, and then, 
outputs a pseudo noise signal of addition result to the 40 
subtracter 64. The generator 63 for generating a con- 
stant signal for removing DC offset generates the sum 
of the temporal average values of the pseudo noise sig- 
nals from a plurality of N PN-sequence noise signal gen- 
erating circuits 60-1 to 60-N, namely, a constant signal 
for removing DC offset, and then, outputs the constant 
signal for removing DC offset to the subtracter 64. Then, 
the subtracter 64 subtracts the constant signal for re- 
moving DC offset from the sum of the pseudo noise sig- 
nals, then generating and outputting a dither signal hav- so 
ing no DC offset. 

[0037] Each of the PN-sequence noise signal gener- 
ating circuits 60-n (n = 1 , 2, N) is constituted by com- 
prising a 32-bit counter 71 , an exclusive OR gate 72, a 
clock signal generator 73, and an Initial value data gen- ss 
erator 74, as shown in Fig. 7. The 32-bit counter 71 is 
initialized to an initial value outputted from the initial val- 
ue data generator 74, whbh Is different from each other 



according to the PN-sequence noise signal generating 
circuits 60-n. Then, the 32-bit counter 71 counts the 
count value so as to increment the same by one in ac- 
cordance with a clock signal generated by the clock sig- 
nal generator 73. Among 32-bit data (including Oth-bit 
data to 31st-bit data) of the 32-bit coitnter 71, one-bit 
data of the most significant bit (MSB: the thirty-first bit) 
and one-bit data of the third bit are inputted to an input 
terminal of the exclusive OR gate 72. The exclusive OR 
gate 72 sets one-bit data of exclusive OR operation re- 
sult, as the least significant bit (LSB) of the 32-bit coun- 
ter 71 , in accordance with the clock signal from the clock 
signal generator 73. Then, lower-order 8-bit data of the 
32-bit counter 71 is outputted as a PN-sequence noise 
signal. The PN-sequence noise signal generating cir- 
cuits 60-n are configured as described above, where the 
PN-sequence noise signals outputted from the PN-se- 
quence noise signal generating circuits 60-n are 8-bit 
PN-sequence noise signals independent of each other, 
respectively, 

[0038] In an example shown in Fig. 7, the PN-se- 
quence noise signal generating circuits 60-n are config- 
ured as described above in order to generate the 8-bit 
PN-sequence noise signals independent of each other, 
respectively. However, the present invention Is not lim- 
ited to this, and the PN-sequence noise signal generat- 
ing circuits 60-n may have any one of the following con- 
figurations. 

(1) The bit positions of 8 bits of a PN-sequence 
noise signal to be extracted from the 32-bit counter 
71 are made so as to be different from each other 
That is, the PN-sequence noise signal generating 
circuit 60-1 extracts an 8-bit PN-sequence noise 
signal from the lower-order 8 bits, the PN-sequence 
noise signal generating circuit 60-2 extracts a PN- 
sequence noise signal from 8 bits immediately 
above the lower-order 8 bits, and the following PN- 
sequence noise signal generating circuits extract 
PN-sequence noise signals, respectively, in the 
similar manner 

(2) Alternatively, the bit positions of the 32-bit coun- 
ter 71 , from which one-bit data to be inputted to the 
exclusive OR gate 72 is extracted, are made so as 
to be different from each other according to the PN- 
sequence noise signal generating circuits 60-n. 

(3) Alternatively, at least two of the example shown 
in Fig. 7, the above-mentioned modification (1) and 
the above-mentioned modifrcation (2) are com- 
bined. 

[0039] By adding a plurality of PN-sequence noises 
independent of each other, the PN-sequence noise sig- 
nals each having a probability density for the amplitude 
level can be generated as shown in Figs. 8, 9 and 10. 
For example, in the case of n = 1 , a white noise signal 
having a probability density of a uniform distribution for 
the amplitude level can be generally generated as 
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shown in Fig. 8. In the case of n = 12, a Gaussian dis- 
tribution type noise signal having the probability density 
of the Gaussian distribution for the amplitude level can 
be generally generated as shown in Fig. 10 by adding 
the PN-sequence noise signals respectively outputted s 
from the PN-sequence noise signal generating circuits 
60-n which generate 12 uniform random numbers since 
the Gaussian distribution has a variance of 1/12 when 
the central limit theorem is used. In the case of n = 3, a 
bell-shaped distribution type (hanging bell-shaped) io 
noise signal having the probability density of a bell- 
shaped distribution for the amplitude level can be gen- 
erated as shown in Fig. 9, and the bell-shaped distribu- 
tion is close or similar to the Gaussian distribution and 
has a variance slightly wider than the variance of the is 
Gaussian distribution. As described above, the circuits 
shown in Figs. 6 and 7 are configured, and, for example, 
the noise signal shown in Fig. 9 or 1 0 is generated, and 
this leads to that the dither signal close to a natural 
sound or a musical sound signal can be generated by 20 
using a small-scale circuit. 

[0040] Referring again to Fig. 1 , the adder 25 of the 
expanded signal generating circuit 5 adds the band-lim- 
ited digital signal having the higher harmonic compo- 
nents from the high-pass filter 22 to the band-limited 25 
dither signal from the high-pass filter 24, and then, out- 
puts a digital signal of addition result to the multiplier 1 1 
of the level control circuit 4 through the 1 /f characteristic 
filter 26. As shown in Fig. 11, the 1/f characteristic filter 
26 is of a so-called 1/f characteristic low-pass filter hav- 30 
ing an attenuation characteristic having a gradient of -6 
dB/oct in a band B2 of frequencies from fs/2 to p-fs/2, 
which is higher than a band 81 of frequencies from 0 to 
fs/2, where p represents an oversampling rate and de- 
notes any integer between 2 and generally 8, for exam- 35 
pie. 

[0041 ] The position into which the 1/f characteristic fil- 
ter 26 is to be interposed is not limited to the preferred 
embodiment shown in Fig. 1 . The 1/f characteristic filter 
26 may be interposed between the high-pass filter 22 40 
and the adder 25 and between the high-pass filter 24 
and the adder 25. Alternatively, the 1/f characteristic fil- 
ter 26 may be Interposed only between the high -pass 
filter 22 and the adder 25 or only between the high-pass 
filter 24 and the adder 25. The 1/f characteristic filter 26 45 
may be replaced by a l/f^ characteristic filter having an 
attenuation characteristic shown in Fig. 12. As shown in 
Fig. 12, the 1/f2 characteristic filter 26 is of a so-called 
1/f2 characteristic low-pass filter having an attenuation 
characteristic having a gradient of -1 2 dB/oct in a band so 
82 of frequencies from fs/2 to pfs/2, which is higher than 
a band B1 of frequencies from 0 to fs/2. 
[0042] The spectrum analyzer circuit 3 calculates the 
spectrum intensity of a predetermined band of the digital 
audio signal outputted from the oversampling type low- ss 
pass filter 1 , and then, outputs a signal indicating the 
calculated spectrum intensity to the multiplier 11 of the 
level control circuit 4. The spectrum analyzer circuit 3 



comprises an FFT circuit 41 , a data selector circuit 42 
and a weighting and adding circuit 43, as shown in Fig. 
4, for example. The FFT circuit 41 perfonms a fast Fou- 
rier transfomri processing on the input digital audio sig- 
nal by using an FFT operation method, so as to calculate 
1024 spectrum intensities in total at an interval of a fre- 
quency of fs/1 024 in accordance with data at an interval 
of 2048Ts if the frequency resolving power is equal to 
1024, for example, and then, outputs the calculated 
1 024 spectrum intensities to the data selector circuit 42. 
Subsequently, the data selector circuit 42 selectively ex- 
tracts data of spectrum intensities corresponding to a 
band of frequencies of, for example, from fs/4 to fs/2 in 
accordance with the input spectrum intensities at an in- 
terval of the frequency fs/1 024, and then, outputs the 
extracted data to the weighting and adding circuit 43. 
Furthermore, the weighting and adding circuit 43 adds 
the extracted data of spectrum intensities with predeter- 
mined weighting coefficients for respective data so as 
to calculate the spectrum Intensity of the band of fre- 
quencies from fs/4 to fs/2 of the input digital audio signal, 
and then, outputs a signal indicating spectrum intensity 
of calculation result to the multiplier 11 of the level con- 
trol circuit 4. 

[0043] Then , the level control circuit 4 controls the sig- 
nal level of an expanded signal which is the sum signal 
that is obtained by adding the band-limited signal having 
the higher harmonic components from the 1/f character- 
istic filter 26 to the dither signal, in accordance with the 
signal indicating the spectrum intensity from the spec- 
trum analyzer circuit 3. The level control circuit 4 Is con- 
stituted by the multiplier 11 as shown in Fig. 1 , multiplies 
the expanded signal from the expanded signal generat- 
ing circuit 5 by the signal indicating the spectrum inten- 
sity, and then, outputs a signal of multiplication result to 
the adder 2. That is, the level control circuit 4 operates 
so as to increase the signal level from the 1/f character- 
istic filter 26 when the spectrum intensity of the frequen- 
cies from fs/4 to fs/2 of the input digital audio signal is 
high, whereas the level control circuit 4 operates so as 
to reduce the signal level from the 1/f characteristic filter 
26 when the spectrum intensity of the frequencies from 
fs/4 to fs/2 of the input digital audio signal is low. 
[0044] Furthermore, the adder 2 adds the digital audio 
signal from the oversampling type low-pass filter 1 to the 
sum signal that is obtained by adding the digital signal 
having the higher harmonic components from the level 
control circuit 4 to the dither signal, and then, outputs a 
signal of addition result through the output terminal T2. 
[0045] As described above, according to the first pre- 
ferred embodiment of the present invention, the higher 
harmonic components having a spectral structure simi- 
lar to that of a musical sound signal in the band equal 
to or higher than the band of the input digital audio signal 
(i.e., having a generating mechanism substantially sim- 
ilar to the generating mechanism for a natural sound, by 
allowing the frequency of occurrence of the dither signal 
to have a substantial Gaussian distribution or the bell- 
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shaped distribution), and the dither signal are generat- 
ed, and the digital signal having the higher harmonic 
components generated in response to the high-frequen- 
cy specinjm intensity of the input digital audio signal and 
the dither signal are added to the Input digital audio sig- 5 
nal, and this leads to that the present Invention can eas- 
ily generate a digital audio signal having an expanded 
audio band as compared to the prior art. 
[0046] Since all the signal processing by the audio 
signal band expanding apparatus according to the pre- 
ferred embodiment is digital signal processing, there is 
caused no variation In performance due to variations in 
components of the circuit and temperature properties. 
Moreover, no deterioration in sound quality occurs each 
time an audio signal passes through the circuit. Further- 
more, even if the precision of the filter is improved, the 
circuit of the present invention causes no increase in the 
circuit scale and thus no increase in manufacturing cost, 
as compared to an analog circuit configuration. 
[0047] In the preferred embodiment, the signal having 
the higher harmonic components is generated by the 
non-linear processing circuit 21 without limiting the band 
of the input digital audio signal. However, the signal hav- 
ing the higher harmonic components may be generated 
after inputting to the non-linear processing circuit 21 the 
signal whose band is previously limited by a high-pass 
filter similar to the high-pass filter 22. 
[0048] The absolute value calculating circuit 51 
shown in Fig. 5, which is of a full-wave rectifier circuit, 
is used to constitute the non-linear processing circuit 21 . 
However, the present invention is not limited to this, and 
the absolute value calculating circuit 51 may be re- 
placed with a half-wave rectifier circuit, which outputs 
only a positive part of the input digital audio signal, and 
which outputs a zero-level signal in the case of a nega- 
tive part of the input digital audio signal. 

SECOND PREFERRED EMBODIMENT 

[0049] Fig. 13 Is a block diagram showing a configu- 
ration of an audio signal band expanding apparatus ac- 
cording to a second preferred embodiment of the 
present invention. In Fig. 13, the components similar to 
those shown in Fig. 1 are indicated by the same refer- 
ence numerals, and the detailed description thereof is 
omitted. The audio signal band expanding apparatus 
according to the second preferred embodiment is differ- 
ent from the audio signal band expanding apparatus 
shown In Fig. 1 in the followlngs. 

(1 ) The level control circuit 4 is replaced with a level 
control circuit 4a comprising a smoothing circuit 12 
and a multiplier 1 1 . 

(2) The apparatus further comprises a spectrum an- 
alyzer circuit 6 and a switch 7. 

[0050] The above-mentioned differences will be de- 
scribed in detail below. 



[0051] Referring to Fig. 13, envelope detection, inte- 
gration processing In the time domain or low-pass filter- 
ing is subjected to a signal, which is outputted from the 
spectrum analyzercircuitS and which exhibits the spec- 
trum intensity of a predetermined band of frequencies 
from fs/4 to fs/2. After that, an expanded signal output- 
ted from the expanded signal generating circuit 5 is mul- 
tiplied by the processed signal. Thus, the level control 
circuit 4a is adapted to gradually or slowly perform level 
control. 

[0052] Fig. 14 is a block diagram showing an intemal 
configuration of the spectrum analyzer circuit 6 shown 
in Fig. 13. As shown in Fig. 14, the spectrum analyzer 
circuit 6 is constituted by comprising a high-pass filter 
81 . an absolute value calculating circuit 82, a low-pass 
filter 83, a subtracter 84, a low-pass filter 85, an absolute 
value calculating circuit 86, a low-pass filter 87, and a 
judging circuit 88. 

[0053] Referring to Fig. 14, a low-pass-filtered digital 
audio signal from the oversampling type low-pass filter 
1 shown in Fig. 13 Is inputted to the high-pass filter 81 
and the subtracter 84. The high-pass filter 81 high-pass- 
filters the low-pass-filtered digital audio signal so as to 
allow passage of only components of the band of fre- 
quencies from fs/4 to fs/2. After that, the high-pass-fil- 
tered signal is passed through the absolute value cal- 
culating circuit 82 and the low-pass filter 83 for perform- 
ing integration processing in the time domain, and this 
leads to calculation of spectrum intensity yah of the band 
of frequencies from fs/4 to fs/2 of the input digital audio 
signal. Then, a signal indicating the spectrum intensity 
yah is outputted to the judging circuit 88. 
[0054] On the other hand, the subtracter 84 subtracts 
the high-pass-filtered signal from the high-pass filter 81 
from the input digital audio signal from the oversampling 
type low-pass filter 1 , After that, a signal of subtraction 
result is passed through the low-pass filter 85, and this 
leads to that components of a band of frequencies from 
0 to fs/4 are extracted. The extracted components of the 
band of frequencies from 0 to fs/4 are passed through 
the absolute value calculating circuit 86 and the low- 
pass filter 87 for performing temporal integration 
processing, and this leads to that spectrum Intensity yal 
of the band of frequencies from 0 to fs/4 of the input 
digital audio signal is calculated. Then, a signal indicat- 
ing the spectrum intensity yal is outputted to the judging 
circuit 88. 

[0055] Then, the judging circuit 88 compares the 
spectrum intensity yal of the frequencies from 0 to fs/4 
of the input digital audio signal with the spectrum Inten- 
sity yah of the frequencies from fs/4 to fs/2 thereof, then 
controlling switching of the switch 7 in the following man- 
ner 

(a) When the spectrum intensity yal Is equal to or 
greater than a predetermined threshold level and 
the spectrum intensity yah is less than the above- 
mentioned threshold level, or 
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(b) when the spectrum intensity yal is less than the 
predetermined threshold level and the spectrum in- 
tensity yah is equal to or greater than the predeter- 
mined threshold level, 

5 

the judging circuit 88 switches over the switch 7 
to a contact "b**, and then, outputs a zero-levet signal to 
the adder 2 without outputting any expanded signal from 
the level control circuit 4a to the adder 2. In any case 
other than the above-mentioned cases (a) and (b), the 
judging circuit 88 switches the switch 7 to a contact "a", 
and then, outputs the expanded signal from the level 
control circuit 4a to the adder 2. 

[0056] That is, when the input digital audio signal has 
the spectrum intensity equal to or greater than a prede- ^5 
termined threshold value in two bands where the two 
band includes one band of frequencies from 0 to fs/4 
and another band of frequencies from fs/4 to fs/2, the 
switch 7 is switched over to the contact "a", and this 
leads to that the band of the input digital audio signal is 20 
expanded. When the spectrum intensity yal is equal to 
or greater than the predetermined threshold level and 
the spectrum intensity yah is less than the predeter- 
mined threshold level, the input signal does not substan- 
tially have the components of the band of frequencies 25 
from fs/4 to fs/2. Thus, it Is not necessary to expand the 
band, and therefore, the switch 7 is switched over to the 
contact "b". When the spectrum intensity yal is less than 
the predetermined threshold level and the spectrum in- 
tensity yah is equal to or greater than the predetermined 30 
threshold level, the judging circuit 88 judges that the in- 
put signal has no fundamental-wave component and on- 
ly the higher harmonic components, namely, that the in- 
put signal is not a musical sound but a single spectrum 
of high-frequency or a non-musical sound intentionally 35 
generated. Thus, the switch 7 is switched over to the 
contact "b". Thus, when the single spectrum or the non- 
musical sound signal is detected, the switch 7 is con- 
trolled so as not to expand the band as shown in Fig. 
15. In other words, the spectrum of the digital signal out- 40 
putted from the audio signal band expanding apparatus 
according to the preferred embodiment is cut off to a 
spectrum 1 00 of the highest band In the band B1 of the 
input digital signal. 

[0057] In the preferred embodiment, since the audio 45 
signal band expanding apparatus comprises the 
smoothing circuit 1 2, then when the switch 7 is switched 
over to the contact "a", the expanded signal from the 
expanded signal generating circuit 5 is added to the in- 
put digital audio signal so that these signals may be 50 
combined smoothly in spectrum characteristics as 
shown in Fig. 1 6. That is, the spectrum of the digital sig- 
nal outputted from the audio signal band expanding ap- 
paratus according to the preferred embodiment is con- 
nected with a spectrum 101 of the lowest band in the ss 
band B2 at the spectrum 100 of the highest band in the 
band B1 of the input digital signal. After that, the gradient 
of the spectrum in the band 82 is equalized with the gra- 



dient of the spectrum in the band 81 , so that these gra- 
dients are made continuous. 

[0058] As described above, the second preferred em- 
bodiment of the present invention has the function and 
advantageous effects simiair to those of the first pre- 
ferred embodiment. Moreover, the audio signal band ex- 
panding apparatus according to the second preferred 
embodiment comprises the smoothing circuit 12, and 
therefore, the expanded signal generated by the ex- 
panded signal generating circuit 5 can be added to the 
input digital audio signal so that the expanded signal 
may be combined with the input digital audio signal 
smoothly in spectrum characteristics In accordance with 
the high-frequency spectrum intensity of the input digital 
audio signal. 

[0059] Moreover, the audio signal band expanding 
apparatus according to the second preferred embodi- 
ment comprises the spectrum analyzer circuit 6 and the 
switch 7, and therefore, when a sinusoidal wave having 
a single spectrum or a non-musical sound signal is in- 
putted to the apparatus, the switch 7 can be controlled 
so that the switch 7 is switched over to the contact "b" 
so as not to add the expanded signal to the input signal. 
In other words, the apparatus can stop the function for 
expanding the audio band, and therefore, the apparatus 
can prevent the measurement of signal characteristics 
from resulting in marked deterioration in the signal char- 
acteristics. 

MODIFIED PREFERRED EMBODIMENTS 

[0060] In the above-described preferred embodi- 
ments, the expanded signal generating circuit 5 gener- 
ates an expanded signal in the following manner: the 
non-linear processing circuit 21 and the high-pass filter 
22 generate a signal having higher hamnonic compo- 
nents, the dither signal generating circuit 23 and the 
high-pass filter 24 generate a dither signal, and the 
adder 25 adds the signal having the higher harmonic 
components to the dither signal, and this leads to gen- 
erating an expanded signal. However, the present in- 
vention is not limited to this, and the expanded signal 
may contain at least either one of the above-mentioned 
signal having the higher harmonic components and the 
above-mentioned dither signal. 

[0061] In the above-described preferred embodi- 
ments, the spectrum analyzer circuit 6 calculates the 
spectrum intensities of two bands, and this leads to judg- 
ing whether or not an input digital audio signal is a single 
spectrum or a non-musical sound signal. However, the 
present invention is not limited to this, and the spectrum 
analyzer circuit 6 may calculate the spectrum intensities 
of a plurality of bands, and this leads to judging whether 
or not an input digital audio signal is a single spectrum 
or a non-musical sound signal. 

[0062] In the above-described preferred embodi- 
ments, the audio signal band expanding apparatus com- 
prises the 1/f characteristic filter 26. However, the 
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present invention Is not limited to this, and the audio sig- 
nal band expanding apparatus may exclude the 1 /f char- 
acteristic filter 26. 

[0063] In the above-described preferred embodi- 
ments, the audio signal band expanding apparatus com- 
prises a digital signal processing circuit of hardware. 
However, the present invention is not limited to this, and 
for example, the configuration shown in Fig. 1 or Fig. 13 
may be implemented by a signal processing program, 
which may be executed by a DSP (Digital Signal Proc- 
essor). 

POSSIBILITY OF INDUSTRIAL UTILIZATION 

[0064] As described in detail above, according to the 
preferred embodiments of the present invention, the au- 
dio signal band expanding apparatus comprising the 
oversampling type low-pass filter 1 , the adder 2, the 
spectrumanalyzercircuit3,the level control circuit 4 and 
the expanded signal generating circuit 5 is constituted 
by a digital signal processing circuit. Therefore, the 
present invention can provide a method and an appara- 
tus for expanding a band of an audio signal, which cause 
little variation in performance of the apparatus and re- 
duce manufacturing cost as compared to the prior art. 
[0065] Moreover, the level of addition of an expanded 
signal is controlled in accordance with the high-frequen- 
cy spectrum intensity of an input digital audio signal from 
the spectmm analyzer circuit 3, and furthermore an ex- 
panded signal passed through the 1/f characteristic filter 
26 Is used. Therefore, an expanded signal having a nat- 
ural sound close to a musical sound signal can be added 
to the input signal. Accordingly, there is no unpleasant- 
ness of a sound and no deterioration in sound quality. 
[0066] Furthermore, the audio signal band expanding 
apparatus comprises the spectrum analyzer circuit 6 
and the switch 7. Therefore, the present invention can 
provide a method and an apparatus for expanding a 
band of an audio signal, in which the measurement of 
signal characteristics does not result in deterioration In 
a signal even if a sinusoidal signal is Inputted to the ap- 
paratus. 



Claims 

1. A method for expanding a band of an audio signal 
including the steps of: 



mined band of the low-pass-filtered digital au- 
dio signal, and outputting a signal indicating the 
calculated spectrum intensity; 
generating an expanded signal having f requen- 
5 cy components of a second band higher than 

the first band; 

controlling a level of the expanded signal in re- 
sponse to the signal indicating the calculated 
spectrum intensity; and 
"io adding the expanded signal having the control- 

led level to the low-pass-filtered digital audio 
signal, and outputting a digital audio signal of 
addition result. 

'5 2. The method as claimed in claim 1 , 

wherein the step of generating the expanded 
signal includes the steps of: 

distorting the digital audio signal by performing 
20 non-linear processing on the low-pass-filtered 

digital audio signal with a non-linear input and 
output characteristic, and generating a digital 
signal having higher harmonic components of 
the digital audio signal; and 
2^ high-pass-filtering at least frequency compo- 

nents equal to or higher than the second band, 
from the digital signal having the higher har- 
monic components, and outputting a high- 
pass-filtered signal as an expanded signal. 

30 

3. The method as claimed in claim 1 , 

wherein the step of generating the expanded 
signal includes the steps of: 

55 generating a dither signal having a predeter- 

mined probability distribution for an amplitude 

level; and 

high-pass-filtering at least frequency compo- 
nents equal to or higher than the second band, 
^0 from the dither signal, and outputting a high- 

pass-filtered signal as an expanded signal. 

4. The method as claimed in claim 1 , 

wherein the step of generating the expanded 
signal includes the steps of: 

distorting the digital audio signal by performing 
non-linear processing on the low-pass-filtered 
digital audio signal with a non-linear input and 
output characteristic, and generating a digital 
signal having higher harmonic components of 
the digital audio signal; 

high-pass-filtering at least frequency compo- 
nents equal to or higher than the second band, 
from the digital signal having the higher har- 
monic components, and outputting a high- 
pass-filtered signal; 

generating a dither signal having a predeter- 



oversampling a digital audio signal of a first 
band having a predetermined maximum fre- 
quency with a sampling frequency that is two 
or more times the maximum frequency, and 
low-pass-filtering an oversampled digital audio 
signal so as to eliminate aliasing noise caused 55 
by the oversampling, and outputting a low- 
pass-filtered digital audio signal; 
calculating a spectrum Intensity of a predeter- 
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mined probability distribution for an amplitude 
level; 

high-pass-filtering at least frequency compo- 
nents equal to or higher than the second band 
from the dither signal, and outputting a high- 
pass-filtered signal; and 

adding the two high -pass-filtered signals, and 
outputting a signal of addition result as an ex- 
panded signal. 

5. The method as claimed in any one of claims 1 to 4 
further including the step of low-pass-filtering the 
expanded signal with a filter characteristic that is ei- 
ther one of a predetemriined 1/f characteristic and a 
predetemnined 1/f2 characteristic, prior to the step 
of controlling the level. 

6. The method as claimed in any one of claims 3 to 5, 

wherein the step of generating the dither sig- 
nal includes: 

a plurality of steps of generating a plurality of 
pseudo noise sequence noise signals inde- 
pendent of each other, respectively; and 
a step of adding the plurality of pseudo noise 
sequence noise signals, generating a dither 
signal of addition result having a probability 
density of either one of a Gaussian distribution 
and a bell-shaped distribution for an amplitude 
level, and outputting the dither signal as an ex- 
panded signal. 



22 

ting a low-pass-filtered digital audio signal; 
first spectrum analyzing means for calculating 
a spectrum intensity of a predetermined band 
of the low-pass-filtered digital audio signal out- 
putted from said filtering means, and outputting 
a signal indicating the calculated spectrum in- 
tensity; 

expanded signal generating means for gener- 
ating an expanded signal having frequency 
components of a second band higher than the 
first band; 

level controlling means for controlling a level of 
the expanded signal in response to the signal 
indicating the calculated spectrum intensity 
outputted from said first spectrum analyzing 

means; and 

first adding means for adding the expanded sig- 
nal whose level is controlled by said level con- 
trolling means to the digital audio signal output- 
ted from said filtering means, and outputting a 
digital audio signal of addition result. 

9. The apparatus as claimed in claim 8, 

wherein said expanded signal generating 
25 means comprises: 

non-linear processing means, having a non-lin- 
ear input and output characteristic, for distort- 
ing the digital audio signal by perfomiing non- 
linear processing on the digital audio signal out- 
putted from said filtering means, and generat- 
ing a digital signal having higher hannonic com- 
ponents of the digital audio signal; and 
a first high-pass filler for high-pass-filtering at 
least frequency components equal to or higher 
than the second band, from the digital signal 
having the higher harmonic components out- 
putted from said non-linear processing means, 
and outputting a high-pass-filtered signal as an 
expanded signal. 

10. The apparatus as claimed in claim 8, 
wherein said expanded signal generating 

means comprises: 

dither signal generating means for generating 
a dither signal having a predetermined proba- 
bility distribution for an amplitude level; and 
a second high-pass filter for high-pass-filtering 
at least frequency components equal to or high- 
er than the second band, from the dither signal 
outputted from said dither signal generating 
means, and outputting a high-pass-filtered sig- 
nal as an expanded signal. 

11. The apparatus as claimed in claim 8, 
wherein said expanded signal generating 

means comprises: 
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7. The method as claimed in claims 1 to 6 further in- 
cluding the steps of: 

35 

calculating spectrum intensities of a plurality of 
predetermined bands of the low-pass-filtered 
digital audio signal, and judging whether or not 
the digital audio signal has a single spectrum 
In accordance with the calculated spectrum in- 
tensities of the plurality of bands; and 
switching over so as to output the expanded 
signal when judging that the digital audio signal 
does not have any single spectrum, and switch- 
ing over so as not to output the expanded signal 
when judging that the digital audio signal has a 
single spectrum. 

8. An apparatus for expanding a band of an audio sig- 
nal comprising: 50 

filtering means for oversampling a digital audio 
signal of a first band having a predetermined 
maximum frequency with a sampling frequency 
that is two or more times the maximum frequen- 55 
cy, and low-pass-filtering the oversampled dig- 
ital audio signal so as to eliminate aliasing 
noise caused by the oversampling, and output- 
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non-linear processing means, having a non-lin- 
ear input and output characteristic, for distort- 
ing the digital audio signal by performing non- 
linear processing on the digital audio signal out- 
putted from said filtering means, and generat- 
ing a digital signal having higher harmonic com- 
ponents of the digital audio signal; 
a first high-pass filter for high-pass-filtering at 
least frequency components equal to or higher 
than the second band, from the digital signal 
having the higher harmonic components out- 
putted from said non-linear processing means, 
and outputting a high-pass-filtered signal; 
dither signal generating means for generating 
a dither signal having a predetermined proba- 
bility distribution for an amplitude level; 
a second high-pass filter for high-pass-filtering 
at least frequency components equal to or high- 
er than the second band, from the dither signal 
outputted from said dither signal generating 
means, and outputting a high-pass-filtered sig- 
nal; and 

second adding means for adding the signal out- 
putted from the first high -pass filter to the signal 
outputted from the second high-pass filter, and 
outputting a signal of addition result as an ex- 
panded signal. 



10 



15 



20 



25 



ing spectrum intensities of a plurality of prede- 
termined bands of the digital audio signal out- 
putted from said filtering means, and judging 
whether or not the digital audio signal has a sin- 
gle spectrum in accordance with the calculated 
spectrum intensities of the plurality of bands; 
and 

switching means over for switching so as to out- 
put the expanded signal to said first adding 
means when said second spectrum analyzing 
means judges that the digital audio signal does 
not have any single spectrum, and switching 
over so as not to output the expanded signal to 
said first adding means when said second 
spectrum analyzing means judges that the dig- 
ital audio signal has a single spectrum. 



12. The apparatus as claimed in any one of claims 8 to 
1 1 further comprising a low-pass filter, having a filter 20 
characteristic that is either one of a predetermined 
1/f characteristic and a predetermined l/f^ charac- 
teristic, for low-pass-filtering the expanded signal, 
and outputting a low-pass-filtered signal to said lev- 
el controlling means. 



13. The apparatus as claimed in any one of claims 10 
to 12, 

wherein said dither signal generating means 
comprises: 



40 



a plurality of noise signal generating circuits for 
generating a plurality of pseudo noise se- 
quence noise signals independent of each oth- 
er, respectively; and 

third adding means for adding a plurality of 
pseudo noise sequence noise signals generat- 
ed by the noise signal generating circuits, gen- 
erating a dither signal of addition result having 
a probability density of either one of a Gaussian 
distribution and a bell-shaped distribution for an 
amplitude level, and outputting the dither signal 
as an expanded signal. 



45 



50 



14. The apparatus as claimed in claims 8 to 13 further 
comprising: 



55 



second spectrum analyzing means forcalculat- 
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Fig.8 
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Fig. 9 



AMPLITUDE LEVEL 



PROBABILITY DENSITV OF BELL-SHAPED 
DISTRIBUTION TYPE NOISE SIGNAL 




Fig.10 



AVERAGE 
VALUE 

PROBABILITY DENSITY OF GAUSSIAN 
DISTRIBUTION TYPE NOISE SIGNAL 



AMPLITUDE LEVEL 




AVERAGE 
VALUE 



AMPLITUDE LEVEL 



21 



EP 1 126 620 A1 



Fig.11 

SPECTRUM INTENSITY 




Fig.12 

SPECTRUM INTENSITY 




22 



_ii26eaGAi_i_> 



EP1 126 620 A1 



as 



O 
gc 

o 



CO 



CO 

ZD 

CC 

<c 
cx 

m CD 
Q Q 

Q Q 

UJ y 

s ^ 

U 1 

LU <C 
QC Z 
CL. O 

Q CO 

go 

O Q 

LU :=) 
CO <c 






1— 








o 




oc 


nU 


o 


"CT 


ER 


SPE 


ANALYZ 



CO. 













RC 


Dl 1 

nU 


o 


01 


oc 

LU 


LU 
Q. 




CO 


ANAL' 



I 






I— 


GNAL 


IRCUl 


CO 


o 


£=5 


o 


LU 




Q 




2: 


<: 


<c 


oc 


Q- 


UJ 


X 




LU 


LU 

o 



23 



BNSOOCtO: <EP 1 126620AtJ_> 



EP 1 126 620 A1 



CO 
00' 



CO 
CO' 



-2i 
u. 



CDI 



O 

o 

GC 
LU 



LU 
Q- 
CO 



CM 

CO^ 



CD 






ZD 


O 


o 


O 


oc 


ID 


o 


1 
















UL 


CL 












1— 


LU 


=>' 


Z3 


o 


1 


cr 


VA 


o 


LU 
H- 


CD 


ZD 








o 




CO 


^ 


CD 


o 


<c 


—J 




<c 




o 



CO- 




CD 
CO- 



CO- 






\— 


LU 


ZD 


3> 


o 


1 


DC 


Vn 


O 


LU 

H- 


ING 


ZD 


1— 


—J 


<: 


o 


I 


CO 


ZD 


CO 


O 


<c 


CAL 



in 

CO- 




BNSOOCID: <EP 1126620A1J_> 



24 



EP 1 126 620 A1 



Fig.15 
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